This paper presents a computational efficient method for extension of the handwidth of a conference phone. The virtue of the proposed method is that it allows an improvement in quality, i.e.increased handwidth, at virtually no extra computational cost. Frequency analysis in combination with subjective tests showed that the proposed method extends the handwidth without introducing any artifacts.
INTRODUCTION
Extension of the bandwidth of a conference phone can become attractive when e.g. an PSTN phone is equipped with an ISDN interface or connected to a video conference system. This paper presents a method suitable when extending the bandwidth of an existing full-duplex conference phone using Acoustic Echo Cancellation (AEC). The proposed method uses a low computational demand adaptive gain technique for the extension. The principle of a full-duplex AEC system is described thoroughly in [l] . Examples of halfduplex system using only gain techniques can be found in [2], [3] . The proposed technique differs from these in that it uses a specific adaptive algorithm to calculate the gain.
PROPOSED METHOD
The basic idea of the proposed method is to split the speech signals, (i.e. the far-end and the near-end signals), in two frequency bands. The low frequency pan is processed with a conventional full duplex AEC. The high frequency part is passed with a level dependent damping. The method is depicted in Fig.1 
The adaptation of D(.) is processed by a
Control Unit (CU), which sets the value of D(-) according to an algorithm using Izx(.)I as its only input. The main concept of the algorithm is that the attenuation D(-)
is "rapidly" increased when IzH(.)/ increases, whereas it is "slowly" decreased when IsH(.)~ decreases. [SI, [6] . The computational demands of the two implementations are approximately the same.
REAL-TIME IMPLEMENTATION

RESULT
Spectograms of the loudspeaker and line-out signals from the conventional system and the proposed system is presented in, Fig.2 and Fig.3 , respectively. The spectograms of the near-end and far-end speech signals are shown in Fig.4, i.e. in Fig.4 the optimal frequency characteristics for the two solutions is presented. Comparing the spectogram in Fig.2-Fig.4 shows that the proposed method gives a more natural sounding signal in that it also contains high frequency signals. Subjective tests of the two systems using real-time two-way communication showed that no artifacts as e.g. half-duplex character is introduced by the proposed method. 
CONCLUSIONS
A method for the extension of the bandwidth of a conventional AEC conference phone was proposed and tested in real-time. The proposed method was shown to achieve the extended bandwidth. Subjective testings showed that the proposed method did not introduced artifacts as e.g. halfduplex character. The extra computational load was insignificant. Thus the proposed method was shown to be a cost effective way of increasing the quality of a conference phone.
